Estimating the range between an acoustic source and a microphone is a central problem in microphone-array processing. Although many approaches have been proposed in the literature, these tend to require knowledge of the relative microphone positions. We 
I INTRODUCTION
Range estimation, between an acoustic source and multiple microphones, is a central problem in the field of microphone-array processing. Such estimates could inform decisions regarding microphone selection, allowing us to select the microphone nearest the source or farthest from some likely interference. Indeed, range estimates are required to calculate optimal filter weights for nearfield beamforming. Range estimates could also have application in determining appropriate dereverberation strategies as well as automated camera steering/focusing. Given [3] , the steered response power (SRP) is determined for a series of discrete locations, in the near-field of an array, with the maximum returned power being assumed to correspond to the source location. In [4] the authors formulate a approximate maximumlikelihood location estimator. This ML estimator, which they show to be equivalent to a weighted cross-correlation criterion, is then used to select the source location from among the candidate locations.
In non-reverberant acoustic environments, or in situations where the effects of reverberation are negligible, relative range estimates may be obtained from a comparison of received signal power. In [5] the authors combine TDEs and relative signal power measurements to determine the proximity and direction of arrival of a source in the extreme near-field of a two-element array. In [6] the range between a sound source and a microphone, in the presence of reverberation and with the relative positions of the microphones unknown, remains largely unaddressed. We propose a solution to this problem. Our method combines relative power measurements with TDEs to obtain absolute source-microphone range estimates for microphones at unknown locations. In Section 2 we derive a generalized function for estimating the source-microphone range in adverse acoustic conditions. In Section 3 we address the specific case of source-microphone range estimation in the presence of reverberation and in Section 4 we describe a series of experiments designed to test our method under simulated and real, reverberant conditions. We conclude in Section 5.
II RANGE FINDING
In air, the power of the received direct-path component of sound is inversely proportional to the source-microphone range, r, squared. Pdp (er) 0( r2 (2) Pdpo is the direct-path power received by some microphone, mo, at a source-microphone range, ro.
From this, the direct-path power received by any microphone may be given as a function of r and ro
microphones and so, by substituting (4) into (3) and performing algebraic manipulation, we obtain a simple and well known estimator of ro. The second step is to find a moving average of the remaining range estimates. Figure(2a) shows a pulse train corresponding to the estimates of a source-microphone range. Each sample in the pulse train corresponds to an increment in the range estimate, Ar. We obtain a moving average of these estimates by convolving them with a Hamming window, Figure(2b) .
The moving average returns local maxima corresponding to clusters of estimates. The rational motivating this approach is that correct results will be grouped around the true range value while false results will demonstrate no such correlation.
IV EXPERIMENTS
A series of experiments were performed to test the performance of the Range-Finding algorithm. A room was simulated using an acoustic software package. The dimensions of the room were [5.25m 6.95m 2.44m]. Three microphones and a sound source were placed at the locations given in Table(1) . Using a raytracing algorithm, the first 20ms of the source-microphone impulse responses were generated and statistical reverberant tails added. These impulse responses were then convolved with a MLS of length 32767 samples to obtain the simulated "recordings". The sampling rate used was 10kHz. The reverberation time, RT60, of the room was varied by altering the rooms surface absorption coefficients. The recordings were split into segments of 1024 samples and a range estimate for mo was found for each segment using both the Range-Finder algorithm and the simple range estimator given in (5) .
The mean of these results, plus and minus the standard deviation and with respect to RT60,is shown in Figure(3) .
To test the Range-Finder in real reverberant conditions, five microphones were setup at vary- ing distances from a loudspeaker in a reverberant hall (RT60 -1.ls) and a medium-sized classroom (RT60 = 0.5s). A maximum-length sequence (MLS) of approximately 5.6s duration was produced by the loudspeaker and recorded using each of the microphones at a sampling rate of 10kHz. The time delay between each of the recorded samples was determined using a phasealignment transform (PHAT). The speed of sound was taken as 340ms-. The samples were split into unwindowed segments and then processed by the range finding algorithm. The segment length used was 4096 samples. Once again range estimates were found using both the Range-Finder algorithm and the simple range estimator, for each segment.
In the case of the reverberant hall, an analysis of the initial range estimates revealed that estimates calculated using one of the microphones, Mic 4, showed significant error. Per segment, 6 of the 10 range estimates incorporated Mic 4 in their calculation. In the case of the classroom, it was seen that range estimates calculated using measurements from two microphones, Mic 1 and Mic 4, again showed significant error. This meant that 9 of the 10 range estimates for each microphone were false.
From the initial range estimates, a moving average was found for both estimation methods. The range increment, /r, was lcm and the Hamming window was 50 increments wide. The maximum value of this was taken to as ro. The results are shown in Figure( one that has remained largely unaddressed. In this paper we have proposed a solution to this problem that uses multiple microphones. Our method is robust against false results, even where the number of such results is comparable to, or, indeed, significantly greater than, the number of correct range estimates.
Future work will investigate, adapting our approach for cases where the acoustic source is a human voice. It is expected that such cases will present additional difficulty for the range finding algorithm. In real rooms, levels of received reverberant power are equal for all microphones in a broadband sense only. Large portions of human speech are spectrally sparse (mainly the harmonic or "voiced" sounds) and at individual, and in particular low frequencies, the frequency responses of differing source-microphone channels do not consistently conform to the model assumed herein. Preliminary results have shown range finding performance to be strongly effected by acoustic environment and microphone positioning and have indicated the need for more effective discrimination between accurate and spurious results.
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